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ABSTRACT 
In a previous study it was discovered that listeners normally make head movements attempting to evaluate source 
width and envelopment as well as source location. To accommodate this finding in the development of an objective 
measurement model for spatial impression, two capturing models were introduced and designed in this research, 
based on binaural technique: 1) rotating Head And Torso Simulator (HATS), and 2) a sphere with multiple 
microphones. As an initial study, measurements of interaural time difference (ITD), level difference (ILD) and 
cross-correlation coefficient (IACC) made with the HATS were compared with those made with a sphere containing 
two microphones. The magnitude of the differences was judged in a perceptually relevant manner by comparing 
them with the just-noticeable differences (JNDs) of these parameters. The results showed that the differences were 
generally not negligible, implying the necessity of enhancement of the sphere model, possibly by introducing 
equivalents of the pinnae or torso. An exception was the case of IACC, where the reference of JND specification 
affected the perceptual significance of its difference between the two models.  
 
1. INTRODUCTION 
Binaural capture and measurement techniques have 
the advantage that they inherently approximate the 
spatially-dependent filtering caused by the human 
head. Due to this, binaural recording has been 
investigated over a long period of time, with the 
earliest experiments known to trace back to 1880s 
[1]. However, one of the problems of binaural 
recording is that it is difficult to take into account 
natural head movement, a factor that is known to be 
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important to auditory spatial perception [2, 3]. A 
previous study by the authors [4] indicated that 
listeners make head movements when evaluating 
spatial impression. This study examines whether a 
simpler spherical model of a head can be used instead 
of a complete head and torso simulator (HATS). If 
this is the case, it may be possible to make use of a 
spherical head model with multiple microphones to 
capture a sound field in a manner that can allow 
simultaneous measurement of signals at a number of 
virtual head positions. This will be quicker and easier 
than taking large sets of measurements with a HATS 
in different positions, and will allow the capture of 
time-variant systems.  
The background of the relationship between spatial 
impression and head movements is set out, and the 
implications of this on a capture technique are 
considered. An experiment is conducted to compare 
measurements made with a HATS and a sphere 
containing two microphones. The differences in the 
measurement results are compared based on 
tolerances derived from just-noticeable difference 
(JND) studies. The results are discussed which 
indicates the need for further enhancement of the 
sphere model. 
1.1. Spatial impression and head 
movements 
The term spatial impression is briefly introduced 
here, followed by the parameters known as its 
measures based on binaural signals. Then the findings 
from a previous study by the authors, relating head 
movements to the evaluation of spatial impression, 
are summarised. 
1.1.1. Spatial impression and its binaural 
measures 
Spatial impression 
Spatial impression is one aspect of overall sound 
quality. Investigations have shown that spatial 
impression is a multidimensional attribute, in that it is 
made up of a number of separately identifiable 
attributes [5]. Some of the attributes that make up 
spatial impression are related to localisation (the 
perceived position of a source), and some are related 
to the properties of the acoustical environment. 
Research into spatial impression has been conducted 
in the field of concert hall acoustics, where the 
concept was suggested by Marshall [6], and termed 
spatial impression by Barron [7]. They described it as 
an indicator of the sound quality of concert halls, in 
terms of the source broadening and gaining fullness, 
the hall’s “spatial responsiveness to the music”, and 
the feelings of the listener being enveloped by the 
sound. Their suggestion was acknowledged and 
developed further in many other studies thereafter. 
The overall concept was eventually categorized into 
two distinct aspects termed source width and listener 
envelopment [8-12]. The early lateral reflections, and 
late reflections from the listening space are known as 
the primarily contributors to the source width and 
listener envelopment, respectively. 
Binaural measures of spatial impression 
Various attempts have been made to relate the 
subjective evaluation results of spatial impression to 
physical parameters calculated from the binaural 
signals, particularly those based on their differences. 
There is common acceptance that localisation of 
sound sources in the horizontal plane is dependent on 
interaural time differences (ITDs) and interaural level 
differences (ILDs) [3] 
Measurements that relate to of other aspects of spatial 
impression are still under debate, however Interaural 
Cross-correlation Coefficient (IACC) has been 
known most widely as an effective indicator of 
spatial impression. Fluctuations of Interaural Time 
Difference (ITD) and Interaural Level Difference 
(ILD) have also been introduced as additional 
measures [13, 14]. A later study has actually found 
correlation between IACC and ITD/ILD fluctuations 
[15].  
1.1.2. Previous findings of head movements 
in subjective evaluation activities 
It is generally known that humans naturally make 
various head movements to help to resolve the 
location of a sound source [2, 3]. A number of 
previous studies have revealed that head movements 
are effective in auditory source localisation [16-19]. 
To extend the scope to the evaluation of other 
attributes than source location, the authors conducted 
subjective experiments, in which the listeners were 
allowed to move their heads freely whilst listening to 
various types of sound and asked to evaluate source 
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width, envelopment, and timbre, as well as source 
location [4]. The head movements were recorded 
with a head tracker attached on the listener’s head. 
One of the findings, from analysing the captured head 
movement data, was that the subjects made head 
movements in wider ranges when they were 
evaluating spatial impression, than when localising 
the sources or when judging timbre. This implied that 
head movements are also meaningful when 
evaluating spatial impression, thus should be taken 
into consideration when developing objective 
measurement models that attempt to imitate human 
listening behaviour. 
1.2. Previous studies on sound capture 
techniques based on binaural 
recording 
This section introduces previous studies and 
development of binaural capture techniques which 
can be employed for this research. Attempts to 
incorporate head movements into the development 
are also introduced thereafter. 
1.2.1.  Binaural capture technique 
Binaural capture technique was firstly introduced as a 
potential alternative to conventional stereophonic 
recording. The stereophonic system was known to 
provide the illusion of sound direction and depth, by 
using microphones in front of the pickup area, and 
loudspeakers in front of the listening area. On the 
other hand, the binaural system was expected to 
deliver “the impression of space consciousness” as 
Doolittle expressed in a report in 1925 [20], or to 
have an effect equivalent to “transporting the listener 
to the original scene,” by duplicating the normal 
listening at the pickup area at the listener's ears [21]. 
Despite this early introduction followed by 
affirmative views, the binaural technique has not 
been as widespread as expected, due to some 
limitations. The individual difference of body shapes 
was pointed out as one of them [22]. Attempts to 
overcome this limitation by many researchers 
resulted in investigation of the effects of different 
body parts on the transfer function, and thus 
measurement of the dimensions of the effective body 
parts from groups of subjects, to develop more 
representative manikins [23-25]. Another limitation 
of the binaural systems introduced in those days was 
that the dynamic binaural cues in normal listening 
caused by head movements could not be applied to 
the system, resulting in unnatural perception [22]. To 
resolve this, new models were developed to consider 
head movements in various ways. 
1.2.2. Consideration of head movements and 
development of rotating dummy head 
Fundamentally these newer binaural systems 
involved the use of head tracking devices, and 
finding the binaural signals corresponding to the head 
movement from the model in the measuring space. 
Pellegrini [26] discussed the design issues of these 
systems aiming to present to the listeners a 
satisfactory virtual environment. His description of 
these systems featured dynamic convolution of the 
source signal and binaural room impulse responses, 
previously measured and stored in a database, and 
selected by the corresponding head tracking data. 
Spikofski and Fruhmann’s [27] Binaural Room 
Scanning (BRS) system was an example of these 
binaural systems. The database of binaural impulse 
responses at various head orientation was established 
by means of the dummy head which could be rotated 
to capture and store relevant responses. Farina and 
Ayalon [28] also included a rotating head model in 
their development of a new capture technique to 
obtain various acoustical characteristics of sound 
fields in concert halls. Though their purpose was 
measurement rather than delivery of an acoustic 
environment, they used the same procedure of 
acquiring the parameters over the full 360° range of 
azimuth.  
Generating this database of pre-recorded responses at 
all possible head orientations would involve a large 
amount of time for repeated recordings. Furthermore, 
the fact that multiple recordings are required means 
that it would not be possible to capture the response 
of time-varying systems in a range of positions in a 
consistent manner. To overcome these problems, 
particularly when reproduction of a virtual acoustic 
environment is the purpose, a different approach was 
suggested. It aimed at the implementation of real-
time rendering of a space whose acoustical 
characteristics are to be copied, by means of multiple 
microphones over a simplified head model which 
would correspond to multiple orientations of the 
head. 
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1.2.3. Development of spherical head model 
with multiple microphones 
Algazi et al. [29] developed a spherical head model 
using multiple microphones, with a technique named 
Motion-Tracked Binaural (MTB) recording. The 
system required an array of microphones to capture 
the sound in a given space at multiple angles 
simultaneously. These could be placed around a 
sphere or cylinder, in pairs at a certain interval. By 
comparison between the tracked ear position and the 
microphone positions, the signals captured by the 
microphones, closest to or at the corresponding ear 
positions, were interpolated or directly used and 
delivered to the listener through headphones. 
Although this enabled the real-time rendering of the 
acoustic environment without having to physically 
rotate the dummy head, some limitations related to 
the accuracy of measurement were also found. The 
absence of the pinnae and torso in this type of capture 
model was known to degrade the performance of the 
reproduction system based on binaural recording [3, 
30]. In addition, the limited number of microphones 
that can be used only at discrete positions over the 
head model would introduce the need of interpolation 
for the intermediate angles between microphones. 
However, little information is available regarding the 
exact nature of the degradations resulting from these 
factors, and whether this rules out their use in 
objective measurement. 
1.3. Aim of the study 
The aim of this study is to test and compare the two 
capture techniques – using a rotating HATS, and 
using a sphere with multiple microphones 
compensating the head movements. In particular, 
their performance will be compared in terms of 
measuring spatial impression objectively from the 
parameters calculated from the binaural signals – ITD, 
ILD and IACC. As the initial stage, the spherical 
model will include two microphones at the ear 
positions and will be compared to the HATS. From 
this comparison, the influence of shape difference 
(such as the absence of pinnae and torso) on the 
measurement results can be investigated. 
Furthermore, the perceptual significance of the 
difference in the measured parameters can be 
discussed, in comparison with their just-noticeable 
differences (JNDs). It can then be determined 
whether the spherical model can simply be extended 
to include more microphones corresponding to 
different head orientations, or it should be adjusted to 
show an equivalent performance to the HATS.  
1.4. Summary 
As the background of this study, previous works have 
been introduced, which are related to spatial 
impression, head movements in its evaluation, and 
binaural signal capture techniques that can be 
incorporated for the development of an objective 
measurement model. It has been found that 
considering head movements can be useful for the 
objective measurement model of spatial impression. 
Two types of capture techniques based on binaural 
recording, which take head movements into account, 
have been introduced – a rotating dummy head (and 
torso), and a spherical head model with multiple 
microphones. It has been seen that the former is 
better in terms of accuracy but has a problem of long 
measurement time, and that the latter allows for short 
measurement time but is limited in accuracy caused 
by simplification of the human shape. Based on this, 
it has been decided to compare the measurement 
results conducted with a HATS and with a sphere 
containing two microphones, to determine the level 
of inaccuracy of the measurements made with the 
sphere. 
2. EXPERIMENTS 
This section describes the details of the experiments 
conducted to compare the performance of the two 
capturing models. As the criteria of judging the 
perceptual relevance of the measured results, the 
measurement tolerances were determined through 
additional research of previous work, related to the 
JNDs of the measured parameters. The findings from 
this research are introduced first. 
2.1. Determination of measurement 
tolerances 
In order to ensure the reliability of output from the 
binaural capture model to be developed, it helps to 
specify the tolerance of measurement by considering 
the JNDs of the parameters it would predict. In other 
words, difference of a measured parameter whose 
amount exceeds its JND cannot be accepted as 
perceptually negligible. The following sections 
summarise previous studies of the JNDs of ITD, ILD 
and IACC as measures of spatial impression. 
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2.1.1. ITD and ILD 
A number of researchers carried out experiments to 
find out the JNDs of ITD and ILD (or IID). However, 
they reached different results, due to the differences 
in their specific interests, the characteristics of 
stimuli, and the experimental environments. The 
criteria to determine the JND from the subjective test 
results were also different from each other, but the 
majority of the studies used the percentage of 75% of 
the judgments in which the difference could be 
perceived. 
In Klumpp and Eady’s measurement [31] of ITD 
thresholds, three types of sources were used – band 
limited random noise with the frequency ranging 
from 150 to 1700Hz, 1kHz tone, and 1ms click. The 
thresholds found for each source were 9µs, 11µs, and 
28µs. The reference ITD for the measurements was 0. 
They also found that when the reference ITD was 
20µs, the threshold for the random noise source 
increased by 1µs to 10µs. 
Mills [32, 33] attempted to find the JNDs in two 
ways. Firstly he used pure tones with frequencies 
from 250 to 10kHz to find the minimum audible 
angle from subjective experiments. The minimum 
ITD and IID thresholds calculated from the minimum 
audible angles were 10µs and 0.5dB respectively. 
Afterwards he directly measured the threshold of ILD 
using dichotic tone pulses in the same frequency 
range. The result was 1dB at 1kHz, and 0.5dB for 
higher frequency. He concluded that the actual 
measured value and the calculated value from the 
minimum audible angle matched well only in 1500 to 
6000 Hz frequency range, but differed from each 
other especially in the low frequency range. The 
reference was 50dB sensation level in both cases. 
In the study of Hershkowitz and Durlach [34], a 
500Hz tone burst of 300ms duration was used as the 
source signal. The JNDs of ITD and ILD were 
examined, compared to a diotic reference. The 
minimum values averaged from two subjects were 
11.7µs and 0.88dB. 
Cohen et al. [35] measured and compared the ITD 
JNDs of a tone burst with or without noise as 
background. The frequency of the tone burst was 250, 
500, or 1000Hz, and the background noise was also 
controlled in terms of the interaural correlation, level, 
or signal-to-noise ratio. The ITD JND varied widely 
along the experimental condition, but the highest 
value found was 296µs for one of three subjects, 
when the source was a 500Hz tone burst of 10dB 
sensation level, and when the noise was adjusted such 
that a 30-dB shift in the detection threshold of signal 
was produced. The lowest value was about 10µs, 
when the signal SPL was higher in the range: 
generally 40dB or above.  
Bernstein et al. [36] used similar concept for the 
stimuli – signal with background noise, but here the 
signal itself was a short burst of noise termed 
“probe”, of various duration. The measured JNDs of 
ITD and IID were as follows: around 32µs and 2dB 
when the length of the probe was the same as that of 
the background noise, 32 to 256µs and 2 to 11dB 
when the background noise was diotic, and over 
128µs and over 3dB when the background noise was 
uncorrelated. They observed the overall decreasing 
tendency of the threshold as the length of the probe 
increased. 
In [37], a unique combination of uncorrelated noise 
of 1/3 octave bandwidth was used for the 
investigation of ILD JND. The centre frequencies 
were set to 250, 500, 1000, or 4000Hz at one ear, and 
at the other ear the frequency was shifted by 0, 1/6, 
1/3, or 1 octave. The overall level was adjusted such 
that the 1000Hz frequency band had an RMS level of 
65dB SPL. When the noises were uncorrelated and 
unshifted, the JNDs were found to be 2.6, 2.6, 2.5, 
and 1.4dB respectively for the four centre 
frequencies. These values increased by 0.5, 0.9, 
1.5dB on the average for the 1/6, 1/3, and 1-octave 
frequency shift respectively.  
2.1.2. IACC 
Just as in the case of the JNDs of ITD and ILD, 
investigations of IACC JNDs have been conducted 
by various researchers, who introduced different 
sound sources and methods in different experimental 
environments. Consequently, the results differed 
somewhat from each other, though overlaps could 
sometimes be found. 
Pollack and Trittipoe [38] investigated the effects of 
source level, duration, frequency, and the reference 
value of interaural correlation on the correlation JND. 
They used Gaussian noise with frequencies ranging 
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from 100 to 6800Hz, sound pressure levels from 50 
to 90dB, and durations from 10 to 1000ms. The 
reference values were also varied between 1 and 0. 
They found that the correlation JND was around 0.04 
when the reference was 1, and increased to about 0.44 
as the reference decreased to 0.  
Gabriel and Colburn [39], also using Gaussian noise 
as the source, examined the effect of the bandwidth 
of source as well as the sound level. The source was 
centred at 500Hz, with the bandwidth varying from 
3Hz to 4.5kHz. The sound pressure levels of the 
source used for their experiments were 75 and 39 dB. 
The results showed that, when the reference IACC 
was 1, the JND increased as the bandwidth increased, 
from 0.004 to 0.04, but was constant for bandwidths 
narrower than 115Hz. When the reference was 0, the 
JND decreased from 0.7 to 0.35 as the bandwidth 
increased, but was constant for bandwidths larger 
than 115Hz. It was also found that the decrease in 
spectral level from 75 to 39dB caused an increase of 
JND for IACC reference 1 – 0.004 to 0.01 for 3Hz 
bandwidth, and 0.008 to 0.013 for 115Hz bandwidth 
for example. 
Cox et al. [40], differently from the above, used 
music as the source signal. For their experiments 
anechoic recordings of music were played back 
through loudspeakers simulating concert halls with a 
combination of direct sound, early reflections, and 
reverberation. They investigated the “difference 
limen of spatial impression” as the level of the first 
lateral reflection was varied. IACC was one of the 
parameters they introduced as the various measures 
of spatial impression. Their finding of IACC JND, 
averaged over 4 octave bands from 250Hz to 2kHz, 
was around 0.075 with the reference of 0.33.  
Okano [41] also used anechoic music recording to 
investigate JNDs of IACC, particularly in the form of 
1-IACCE3 (E denotes “early” – from 0 to 80ms from 
the direct sound, and 3 denotes three octave bands – 
500, 1000, and 2000Hz-centred). The direct sound, 
early reflections and reverberation were simulated 
through a number of loudspeakers, where the level of 
early reflections was varied in the experiments. With 
the reference values from 0 to 0.8 approximately, he 
found that the JNDs were around the value of 0.065±
0.015.  
2.1.3. Summary 
It can be seen that specifying single values of IACC, 
ITD and ILD JND is not easy since they differed 
according to the source characteristics, the 
experimental environments, and so on. Instead, it 
seems reasonable to specify measurement thresholds 
as intermediate values that are close to the means of 
the resulting values from the studies introduced 
above. The following values were chosen as potential 
tolerances of measurements: 
• ITD: 10µs 
• ILD: 2dB 
• IACC: 0.35 for reference  0 / 0.08 for reference 1 
These values are slightly over the majority of JND 
values, or within the ranges of JND found in the 
introduced works, which are listed again in Tables 1 
and 2 for clearer comparison. It should be reminded, 
however, that unfortunately some of the JND ranges 
do not overlap due to the effect of specific 
experimental conditions (source type, experimental 
environments, etc.). For example, the ITD and ILD 
values of 10µs and 2dB are smaller than one of the 
ranges found from [36] (over 128µs and over 3dB). 
However, these were for noise bursts presented over 
uncorrelated background noise which seems rather an 
extreme reference. In more realistic listening 
situations where the background is not a complete 
noise and not completely uncorrelated, it is expected 
that the JNDs would decrease. For IACC, due to the 
wide range of JND compared to the whole range of 
IACC values (0 to 1), the tolerance values were 
chosen for two different references 0 and 1. 
According to the results of the experiments 
introduced above, it can be thought that for 
intermediate reference values the JND would also 
have intermediate values between 0.08 and 0.35. 
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Previous 
studies Source characteristics Investigated factors Reference Results (JND or its range) Remarks 
Klumpp & 
Eady, 1956 
[31] 
Band limited random noise 
(150-1700Hz), 1kHz tone, 
and 1ms click 
ITD thresholds 0(ITD) 9, 11, 28µs respectively 
For random noise: 
1µs increase of the 
threshold for 20µs 
increase of 
reference 
Mills,  
1958 [32]; 
1960 [33] 
Pure tones / dichotic tone 
pulses (250-10k Hz) 
1) ITD and IID 
thresholds from 
minimum audible angle 
2) ILD threshold from 
direct measurement 
50dB 
Sensation 
Level 
1) 10µs / 0.5dB, 2) 1dB at 1kHz / 
0.5dB for higher freq.   
Hershkowitz 
& Durlach, 
1969 [34] 
500Hz tone burst, 300ms 
duration 
JNDs of ITD and ILD 
against diotic amplitude, 
ITD, and ILD 
0(ITD), 
50dB SL 
(ILD) 
11.7µs and 0.88dB   
Cohen et 
al., 1985 
[35] 
Tone burst (250, 500 or 1k 
Hz) with background 
noise, 10, 20, 30 or 40dB 
SL 
ITD JND with/without 
noise, contribution of 
signal level 
 
10µs (the lowest) when the 
signal SPL was 40dB or above; 
296µs (the highest) for 500Hz 
tone burst of 10dB with the noise 
adjusted to produce a 30-dB shift 
of detection threshold 
  
Bernstein, 
2001 [36] 
Short burst of noise 
("probe", 2 to 100ms long) 
with background noise 
ITD and IID JNDs  
32µs / 2dB with the probe as 
long as the background; 32-
256µs / 2-11dB for diotic 
background noise; over 128µs / 
over 3dB for uncorrelated 
background 
  
Francart & 
Wouters, 
2007 [37] 
Uncorrelated noise of 1/3 
oct-bandwidth;  250-
4000Hz at one ear,  up to 
1 octave frequency shift at 
the other ear; 0.5s long;  
65dB SPL at 1kHz 
ILD JND  
2.6, 2.6, 2.5, and 1.4dB for 
uncorrelated and unshifted 
noises / increase by 0.5, 0.9, and 
1.5dB for 1/6, 1/3 and 1 octave 
shift 
  
 Table 1 Summarisation of previous studies related to the JNDs of ITD and/or ILD. 
 
Previous 
studies Source type Source freq. 
Sound 
level 
Source 
duration Investigated factors Reference
Results (JND 
or its range) Remarks 
Pollack 
& 
Trittipoe 
1959 
[38] 
Gaussian noise 100-6800Hz 
50-
90dB 
(SPL)
10 -
1000ms 
effects of source 
level, duration, 
frequency and 
"starting 
point(reference 
correlation)" 
0 to 1 0.04-0.44 
jnd increased 
as reference 
decreased 
Gabriel 
& 
Colburn 
1981 
[39] 
500Hz-centered 
Gaussian noise 
3Hz-4.5kHz 
bandwidth 
75dB 
and 
39dB 
300ms 
"the ability of listeners 
to discriminate 
correlation, as a 
function of stimulus 
bandwidth" 
1 / 0 
0.004-0.04  
(ref 1) /  
0.35-0.7  
(ref 0)  
0.004→0.01, 
0.008→0.013 
when level 
decreased 
Cox et 
al. 1993 
[40] 
Anechoic music 
in concert hall 
simulation using 
loudspeakers 
IACC averaged 
over 250Hz to 
2kHz oct. bands 
79dBA 5s or 8s 
"difference limen of 
spatial impression as 
the level of the 1st 
lateral reflection was 
varied" 
0.33 0.075±0.008  
Okano 
2002 
[41] 
Anechoic music, 
simulation using 
loudspeakers 
500/1k/2kHz 
oct. bands   
80ms 
(early 
sound + 
reflection)
JNDs of [1-IACC]E3 as 
well as RT, G and 
GElow 
0 to 0.8 
approx. 
([1-IACC]E3)
0.065±0.015   
Table 2  Summarisation of previous studies related to the JNDs of IACC. 
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2.2. Experimental design 
The experiment was designed such that the binaural 
responses from arbitrary sources could be obtained at 
a number of different head orientation angles in 
azimuth. 
2.2.1. Specification of sources 
As described in Section 2.1.3, the JNDs of IACC, 
ITD and ILD were also affected by the source 
characteristics. Therefore it may be useful to include 
various types of sources and to make the comparisons 
by source types if possible. An efficient way to 
incorporate various types of sources without repeated 
measurements is to collect impulse responses. If the 
binaural impulse responses could be captured at all 
possible orientation angles, it would be possible to 
obtain the responses for other types of sources by 
means of convolution afterwards. As the initial step, 
white noise was used as the source for the 
convolution, considering that noise was often used in 
the previous studies introduced in Section 2.1. 
To generate various levels of the parameters to be 
measured, the following methods were used. Firstly, 
for ITD and ILD which are known as source 
localisation cues, a point source with varying lateral 
angle was devised. For IACC, a varying number of 
sources around the frontal direction were devised for 
different levels of source width or envelopment. 
Specifically, the narrowest of them was a single point 
source at 0°, and pairs of point sources were added to 
the left and right at 20° intervals, which were 
designed to emit the decorrelated versions of the 
frontal source. Figures 1 and 2 describe some 
examples of the source distribution introduced for 
this experiment. 
2.2.2. Specification of capturing models 
The HATS used for this study is Cortex Manikin 
MK2, with Microtech Gefell MK231 microphones at 
the two ears. Its dimensions conform to international 
standard IEC TR 60959, which is based on the 
measurements introduced in [24]. On the other hand, 
the sphere model was produced with a plastic sphere 
of 17.2cm diameter. The diameter of the model used 
 
 
Figure 1: Examples of devised point sources for ILD 
and ITD comparisons used in the experiment. 
 
 
 
Figure 2: Examples of devised spanned sources for 
IACC comparison. Additional pairs of sources at 
each step are supposed to emit the decorrelated 
versions of the signal at 0°. 
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for MTB recording technique was 17.5cm [29]. The 
KEMAR model had a “width (between the two ears)” 
of 15.1cm and a “length (from front to back)” of 
18.8cm. The average of the length and the width of 
the KEMAR head is 16.95cm, and the average of 
17.5 and 16.95 is 17.23. Therefore the sphere can be 
said to have a dimension close to the average of these 
models. Two omni-directional microphones 
(Countryman B3) were placed on the surface of the 
sphere through small holes, 180 degrees apart from 
each other.  
2.2.3. Measurement settings 
For optimal controllability it would be desirable to 
conduct the experiment in an anechoic chamber. To 
obtain equivalent measurement results without one, 
an alternative was introduced – using a large 
reverberant room instead of anechoic chamber. This 
measurement technique, sometimes called quasi-
anechoic measurement [42], involves truncation of 
the reverberant part from the captured signals with a 
time window. This way, it would be possible to 
obtain the responses as if they were measured in an 
anechoic environment [43, 44]. Considering this, 
measurements of impulse responses were made in the 
largest studio in Institute of Sound Recording, which 
has a dimension of 17m (width) × 14m (depth) × 7m 
(height), and a reverberation time of 1.1 to 1.5 
seconds. This is because the larger the room for the 
measurement is, the easier it is to separate the direct 
and reverberant parts of the captured signals, 
provided that the distance from the loudspeakers to 
the capturing microphones is smaller than that from 
the loudspeakers to the walls. The playback and 
capturing apparatuses should be placed at a sufficient 
height, to prevent reflections from the floor.  
As the source, a loudspeaker (Genelec 8020A) was 
placed on a stand at a height of 2.3m. The capturing 
model, either a HATS or a sphere, was then placed on 
a rotating table (Outline ET2-ST2), with the ears (or 
the microphones) at the same height, 2m apart from 
the loudspeaker. A carpet was placed on the floor 
between the loudspeaker and the capturing model to 
suppress the floor reflection as much as possible. 
Instead of using multiple loudspeakers around the 
listening position, the rotating table was used to 
obtain equivalent binaural signals. For instance, the 
response from the loudspeaker at 45 degrees is 
equivalent to the response from the frontal 
loudspeaker with the ears rotated to -45 degrees (in 
anechoic environment). Thus the measurements were 
made at all head orientations with maximum possible 
angular resolution supported by the rotating table.  
The source and the receiver (the microphones) were 
connected to a measurement system named MLSSA 
(Maximum-Length Sequence System Analyzer) 
which enables automatic impulse response 
measurement using Maximum-Length Sequence 
(MLS) signals. It could also control the rotating table 
by means of signal pulses.  
2.3. Measurement procedures 
This section describes the detailed procedures for the 
acquisition of binaural impulse responses, and the 
processes to finally generate the quasi-anechoic 
versions of binaural responses from the source signal. 
2.3.1. Quasi-anechoic measurements of 
impulse responses 
Firstly, the impulse responses were measured with 
the HATS on the rotating table, from 0 to 360 
degrees azimuth in 2.5 degrees interval. Then the 
HATS was replaced with the sphere. The stimulus 
level was left unchanged. To compensate for the 
difference in the characteristics of microphones, the 
preamp gain was adjusted such that the level of the 
impulse responses calculated by MLSSA at 0 degrees 
for both the microphones was as close to that 
calculated with HATS at the same angle. The impulse 
responses were then captured in the same manner. 
Each of the captured impulse responses had a length 
of 67.6 ms, equivalent to 4096 points at the sampling 
frequency of 60606Hz. 
The impulse responses were made ‘quasi-anechoic’ 
by finding the reflections in the waveform and 
replacing them with zeros. Theoretically, the 
experimental setting gives a path difference of about 
3m between the direct sound and the reflection by 
floor, as seen in Figure 3. This is equivalent to 8.8ms 
of difference of arrival time. 
As expected, the first reflection in the waveform of 
each impulse response could be found about 8.8ms 
after the onset of direct sound. From this point on the 
amplitude was replaced with zeros. This is equivalent 
to applying a rectangular time window.  
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Figure 3: Description of the path difference between 
the direct sound and the floor reflection in the 
experimental setting. This path difference of 3m 
corresponds to approximately 8.8ms arrival time gap. 
One problem caused by this procedure is that the 
resultant waveform does not perfectly represent the 
anechoic impulse response, because the low 
frequency information is lost by suppressing the later 
parts of direct sound along with the reverberant parts. 
The length of the time window, calculated from the 
onset of the direct sound, determines the lowest 
frequency limit of validity of the frequency response. 
Thus the length of the window was adjusted such that 
a certain value of low frequency limit was ensured. 
For the impulse responses captured with the sphere 
model, this limit could be made as low as 114Hz, 
which corresponds to the window length of 8.8ms, 
the theoretical value of the arrival time difference 
described above. For those captured with the HATS, 
the limit was 107Hz. These frequency values will 
therefore be considered as the low frequency limit of 
the generated binaural responses. 
2.3.2. Generation of binaural responses 
To generate the final binaural responses through 
convolution, a mono signal of 1 second duration was 
created using white Gaussian noise. As the responses 
from the point sources for ITD and ILD comparison, 
this noise was convolved with the quasi-anechoic 
binaural impulse responses for all head orientation 
angles. This is equivalent to having a single source all 
around the head at a static position, from 0° to 360° at 
2.5° intervals. As the spanned sources for IACC 
comparison, two decorrelated noise signals were 
created, and then convolved with two sets of binaural 
impulse responses, one corresponding to the source 
on the left hand side and the other to the one on the 
right hand side. The convolved binaural responses for 
all the individual sources were lastly added together 
to create the spatial impression caused by multiple 
decorrelated direct sounds. Ten different spanned 
sources were created, from 0° point source to over 
360° around the head.  
3. RESULTS AND ANALYSES 
From the binaural signals created as above, the three 
parameters were calculated – ITD, ILD and IACC. 
The difference of the two capturing models in the 
measured parameters was calculated in turn. The 
results were compared to the measurement tolerances 
determined previously in Section 2.1.3. 
3.1. Calculation of parameters 
Calculation of the IACC starts from the following 
cross-correlation coefficient function using the 
binaural signals: 
2
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2 2
1 1
2 2
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where fl(t) and fr(t) are the signals at the left and the 
right ears, t1 and t2 are the period of measurement, 
and τ is the offset between fl(t) and fr(t). IACC is 
determined from the maximum value of C(τ) over the 
range of | τ |≤1ms. This range of τ is specified such 
that the maximum possible ITD (when the two ears 
are in line with the path of sound propagation) value 
can be included. From this procedure the ITD can 
also be found, as the value of τ at which C(τ) is 
maximum [45]. In order to minimise the effect of 
multiple peaks in the plot of C(τ) at higher 
frequencies, each filterband was rectified and low-
pass filtered using the process derived in [46]. The 
ILD can be simply calculated from subtracting the 
mean sound pressure level (SPL) of the signal at the 
left ear from that at the right ear. In all cases, a single 
measurement was made over the 1.067 second 
duraction of the white noise stimulus (i.e. t1 to t2 was 
1.067 seconds). 
The three parameters were calculated in a number of 
different frequency bands. This was made possible by 
firstly passing the binaural signals through a 
gammatone filterbank [47]. This was to consider a 
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previous finding of the dependency of the 
relationship between IACC and the perceived width 
on the frequency, and to allow for a more detailed 
observation of the results. In the analyses, the low 
frequency limit was determined from that caused by 
the use of quasi-anechoic impulse responses. The 
high frequency limit, on the other hand, was set to 
10kHz, considering the frequency response of the 
microphones used for the HATS. 
3.2. Comparison of two models 
The three parameters calculated using the HATS and 
the sphere model were compared, particularly in 
terms of the size of their differences. Firstly the 
difference of each parameter between the two models 
was calculated over the frequency range of concern. 
Then this difference was compared to the 
measurement tolerance. If the difference were found 
to be smaller than the tolerance, the two models could 
be considered as potentially interchangeable for the 
measurement of spatial impression. Otherwise, it 
would be necessary to devise further solutions to 
enhance the sphere model, before introducing 
multiple microphones to compensate for head 
movements.  
3.2.1. Point sources 
Figure 4 shows the difference between the ITD 
values calculated for each capture device from the 
convolved binaural responses for the case of a point 
source at a range of azimuth positions around the 
receiver. Each point on the disc corresponds to a 
frequency band (the centre frequency of the 
gammatone filter) and an incidence angle clockwise 
from the front. The centre of the disc corresponds to 
the lowest frequency band, centred at 100Hz, and the 
outmost points correspond to the highest, centred at 
approximately 10.1kHz. The amount of difference of 
ITD at each point is represented in terms of the 
gradation as shown on the right hand side of the 
image. Note that the area outside the disc does not 
represent any measurement results and thus should be 
disregarded.  
The ITD difference seems to be generally larger in 
the higher frequency region, with a notable increase 
at approximately around 2kHz. It is known that the 
most effective cues that affect Head-Related Transfer 
Functions (HRTFs) in the frequency region between 
2 to 14kHz are from the pinnae, and the cavum 
conchae at the opening of the ear canal [2]. Other 
components that are less important but known to 
affect HRTFs are head diffraction and reflection at 
frequencies from 0.5 to 1.6kHz, shoulder reflection at 
0.8 to 1.2kHz, and torso reflection at 0.2 to 2kHz. It 
is therefore suspected that the absence of pinnae on 
the spherical model may be the primary cause of the 
larger differences at the higher frequency region. 
The difference is exceptionally large for the incidence 
angles around ±120° at frequencies centred at 1.25 
and 1.6kHz. Considering that the human ears are 
actually located further apart than by 180° (though it 
is not clearly indicated in the KEMAR dimensions 
the separation of about 200° is accepted [3, 48]), 
these abnormal peaks of ITD difference can be 
guessed as the effect of the pinnae, which form 
shaded areas expectedly towards around ±120°. 
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Figure 4: Difference of the ITD values calculated 
using the HATS and the sphere model, for the point 
noise source with varying incidence angle. The radius 
of the disc represents the centre frequencies of the 
filter banks, increasing outward from the centre. The 
gradation at each point corresponds to the amount of 
ITD difference (note that the dark area outside the 
circle does not represent any measurement results so 
should be disregarded). 
 
It is seen that a majority of the difference values lie 
below 300µs approximately, especially for the lower 
frequency region, but the difference is generally 
bigger than 10µs as determined in Section 2.1.3, the 
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measurement tolerance of ITD. For clearer 
comparison, a separate plot was drawn in Figure 5. 
On this plot, the points at which the difference of ITD 
is smaller than 10µs are masked dark. The brighter 
area denotes the points where the ITD difference is 
larger than 10µs. It is roughly seen that the ITD 
difference is smaller than 10µs in some frequency 
bands – centred at 470Hz, and 737 to 1258Hz, and 
over most frequencies for the frontal incidence 
angles. 
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Figure 5: Plot of ITD difference between the two 
models, for the point noise source with varying 
incidence angle, divided into two regions: the 
brighter area corresponds to the differences in ITD 
values which exceed the 10µs tolerance. The darker 
spots correspond to the differences which do not 
exceed the tolerance. The radius of the disc represents 
the centre frequencies of the filter banks, increasing 
outward from the centre. 
 
Figure 6 shows the difference of ILD values between 
the two models against frequency and the incidence 
angle. The most extreme cases are seen at frequencies 
generally above 4.1kHz, more for the lateral 
incidence angles than for the frontal angles. This 
again shows the possibility of effects caused by lack 
of pinnae on the spherical model. 
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Figure 6: Difference of the ILD values in dB, 
calculated using the HATS and the sphere model, for 
the point noise source with varying incidence angle. 
The radius of the disc represents the centre 
frequencies of the filter banks, increasing outward 
from the centre. The gradation at each point 
corresponds to the amount of ILD difference. 
 
The result can be compared to the tolerance level of 
2dB (see Section 2.1.3) more clearly in Figure 7. 
Although a larger area is seen below the tolerance 
now, still a majority of area is seen above the 
tolerance. The two small arch-like areas marked 
bright near the centre of the circle correspond to 
frequencies approximately from 400 to 550 Hz on the 
right hand side, and from 300 to 600 Hz on the left 
hand side. These ranges primarily coincide with the 
frequency range over which the torso becomes 
effective in the consideration of HRTFs [2].  
Lastly, the difference of IACC values resulting from 
the two models is plotted in Figure 8. For the 
comparison of the result to the tolerance, it should be 
reminded that the variation of IACC JND found in 
Section 2.1.3 was fairly large compared to the whole 
IACC range. This variation was dependent on the 
reference value. Although the reference may not be 
the same for all the source directions, a value of 1 
was used for the comparison in this case, considering 
that only a point source was used. Figure 9 shows the 
result assuming the tolerance is 0.01 with the 
reference of 1. It is seen that above about 3.6kHz the 
IACC difference almost always exceeds the 
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tolerance, regardless of the incidence angle of the 
sound.  
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Figure 7: Plot of ILD difference between the two 
models, for the point noise source with varying 
incidence angle, divided into two regions: the 
brighter area corresponds to the differences in ILD 
values which exceed the 2dB tolerance. The darker 
spots correspond to the differences which do not 
exceed the tolerance. 
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Figure 8: Difference of the IACC values, calculated 
using the HATS and the sphere model, for the point 
noise source with varying incidence angle. The radius 
of the disc represents the centre frequencies of the 
filter banks, increasing outward from the centre. The 
gradation at each point corresponds to the amount of 
IACC difference. 
 
Difference of IACC values, exceeding the tolerance of 0.01 (ref 1)
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Figure 9: Plot of IACC difference between the two 
models, for the point noise source with varying 
incidence angle, divided into two regions: the 
brighter area corresponds to the differences which 
exceed the tolerance 0.01 specified for reference 1. 
The darker spots correspond to the differences which 
do not exceed the tolerance. 
 
3.2.2. Spanned sources 
Figure 10 shows the IACC difference against the 
frequency and the span angles of the farthest point 
sources. Since the number of decorrelated point 
sources increased from one by two symmetrically at 
each step, at 20° intervals, the span angle between the 
farthest sources increases by 40°. Thus the plots 
hereafter are drawn with the frequency on the 
horizontal axis and with these discrete span angles on 
the vertical axis.  
It is seen that the largest value of IACC difference is 
0.32. If the reference value of 0 were used, 
considering that various numbers of sources were 
introduced in this case, all of the calculated the IACC 
differences would be below the tolerance 0.35. Figure 
10, on the other hand, compares the result to the 
tolerance 0.01 with the reference 1. It can be seen, 
similarly to Figure 9, that above about 2.9kHz the 
IACC difference exceeds 0.01 regardless of the span 
angle. 
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Difference of IACC values calculated from HATS and sphere
(spanned sources)
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Figure 10: Difference of the IACC values, calculated 
using the HATS and the sphere model, for spanned 
sources with varying number of decorrelated noise 
signals at 20° intervals. The values marked on the 
vertical axis denote the span angle between the 
farthest point sources at each step of variation. 
 
Difference of IACC values exceeding the tolerance 0.01 (ref 1)
(spanned sources)
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Figure 11: Plot of IACC difference between the two 
models, for spanned sources with varying number of 
decorrelated noise signals at 20° intervals, divided 
into two regions: the brighter area corresponds to the 
differences which exceed the tolerance 0.01 specified 
for reference 1. The darker area corresponds to the 
differences which do not exceed the tolerance.  
 
4. SUMMARY AND DISCUSSION 
Experiments have been conducted to compare the 
difference of measurement performance between two 
binaural capture models – a HATS and a sphere with 
two microphones at the opposite sides, in terms of 
some physical parameters related to spatial 
impression (ITD, ILD and IACC). This was mainly to 
investigate the possibility of replacing the HATS 
with the sphere in the development of an objective 
evaluation model of spatial impression, especially 
considering head movements which have been found 
to be important to the perception of spatial 
impression. Since it has been found that using the 
sphere with multiple microphones would be more 
practical than rotating HATS in measurement time, at 
the cost of reduced accuracy, the amount of accuracy 
reduction has been investigated.  
To make the comparison perceptually valid, the 
tolerances of measurement have been specified by 
reviewing previous studies on the JNDs of the three 
parameters as the preliminary task. The variation in 
the JND values depending on the experimental 
environment or the source characteristics has made it 
difficult to make a clear determination of the 
tolerances without considering the reference. 
However, some potential values were chosen, based 
on the various findings of JND values or ranges in 
related previous works. Particularly in the case of 
IACC, two different tolerance values have been 
specified for two extreme reference values 0 and 1, 
due to the large amount of its variation depending on 
the reference value. 
For each model, the binaural impulse responses have 
been measured in a quasi-anechoic manner with a 
range of positions of azimuth. This was to enable the 
introduction of any arbitrary type of source and the 
simulation of arbitrary source direction. The actual 
binaural signals have been created using a white 
Gaussian noise. Various levels of source location and 
width or envelopment have been introduced for 
IACC calculation and comparison, by means of 
convolution with corresponding impulse responses. 
The differences in ITD and ILD calculated from the 
two models for the point source showed that the 
degradation caused by using a sphere instead of a 
HATS cannot be neglected. The pattern of the 
differences observed against frequency implied that 
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the absence of the pinnae and the torso could be the 
main causes. In the case of IACC, for both the point 
sources and the spanned sources, it was found that the 
reference value for the determination of its JND 
could affect the acceptability of its difference 
between the two capturing models as negligible. 
Setting 1 as the reference made most of the IACC 
differences outside the tolerance, whereas setting the 
reference to 0 made a large proportion of the 
differences within the tolerance. On the whole, the 
results indicated the need to enhance the sphere 
model before taking head movements into account by 
introducing multiple microphones. 
5. FUTURE WORK 
The results in general implied the possibility of 
enhancement of the sphere model by introducing 
equivalents of the pinnae and torso, whose effects 
have been emphasised in some previous studies [2, 3, 
49, 50]. Therefore investigation on the effects caused 
by introducing these additional components seems 
worthwhile.  
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